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Description

The present invention relates to a sampling rate
converting apparatus.

Hitherto, a sampling rate converting apparatus
formed into a digital filter structure has been used for
the purpose of sampling an analog signal at a predeter-
mined sampling frequency and converting a digital sig-
nal thus-obtained into an arbitrary sampling frequency.

In general, a sampling rate converting apparatus of
the type described above is constituted by a high-order
oversampling filter for the purpose of strictly securing
the Nyquist frequency as the conversion characteristics
of its transmission system.

In a case where, for example, the sampling frequen-
cy of a 625/50 component digital video signal formed in
accordance with the D-1 format for a digital video tape
recorder (DVTR) is, by using a sampling rate converting
apparatus of the type described above, converted into
a sampling frequency, which corresponds to a PAL com-
posite digital video signal formed in accordance with the
D-2 format, the sampling frequency cannot directly be
converted between the digital video signals because the
rate of the sampling frequency is converted from a fre-
quency of 13.5 MHz into a frequency of 17.734475 MHz.
Therefore, an oversampling filter having a length of
about 16500 orders must be used to give results of suf-
ficient quality.

On the contrary, when the sampling frequency of a
PAL composite digital video signal is converted into a
sampling frequency which corresponds to a 625/50
component digital video signal, an exclusive oversam-
pling filter of the equivalent circuit size to that of the
above-described structure must be constituted in order
to convert the rate of the sampling frequency from a fre-
quency of 17.734475 MHz to a frequency of 13.5 MHz.
Therefore, each of the structures must include an exclu-
sive circuit as a whole. As a result, there arises a prob-
lem inthat the circuit structure becomes too complicated
and the size becomes too large.

Examples of finite impulse response filters that may
be utilised in sample rate convertors are known from Eu-
ropean Published Patent Application EP-A-305864,
British Published Patent Application GB-A-2180114 and
German Published Patent Application DE-A-3605927,
DE-A-3605927 discloses the use of parallel FIR filters.

In view of the prior art, an object of the present in-
vention is to provide a sampling rate converting appa-
ratus capable of converting the sampling frequency of
a digital signal composed of a first or a second sampling
frequency into the second or the first sampling frequen-
cy, that is, capable of converting the sampling rate in
two opposing directions.

According to the invention there is provided a sam-
pling rate converting apparatus according to claim 1
comprising:

a first finite impulse response filter; and
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a second finite impulse response filter connected in
parallel with said first finite impulse response filter;
characterised by

delay means for varying the delay between filter
stages of said first finite impulse response filter.

This structure allows a greater degree of control
over the aligning of sample data passing through the fil-
ters with the coefficient value applied by the filters.

An embodiment of the sampling rate converting ap-
paratus of the invention will now be described by way of
example only, with reference to the accompanying
drawings, in which:

Fig. 1 is a block diagram which illustrates a first
mode of sampling rate converting apparatus;

Fig. 2 is a characteristic graph which illustrates the
Nyquist characteristics of the same;

Fig. 3 is a block diagram which illustrates a second
mode of the sampling rate converting apparatus;
Fig. 4 is a block diagram which illustrates the struc-
ture of an oversampling finite impulse response fil-
ter of one embodiment of the invention;

Fig. 5 is a block diagram which illustrates an equiv-
alent circuit for use in a case where the sampling
frequency of a 625/50 component digital video sig-
nal is converted into a sampling frequency which
corresponds to a PAL composite digital video sig-
nal;
Fig. 6 is a timing chart for use to illustrate the supply
order of coefficient data items; and

Fig. 7 is a block diagram which illustrates an equiv-
alent circuit for use in a case where the sampling
frequency of a PAL composite digital video signal is
converted into a sampling frequency which corre-
sponds to a 625/50 component digital video signal
utilizing the variable delay between filter stages.

Fig. 1 illustrates a sampling rate converting appa-
ratus capable of converting the sampling frequency in
two opposing directions (that is, capable of reversibly
converting the same between a first and a second sam-
pling frequencies). For example, the frequency ratio of
first and second frequencies f; and f, of a digital signal,
the sampling ratio of which must be converted, is set to
4:3. Thus, the sampling frequency can reversibly be
converted in a direction from digital signal S, composed
of the first sampling frequency f, toward digital signal S,
composed of the second sampling frequency f, or in the
reverse direction of the above-described direction.

Referring to Fig. 1, in order to obtain desired fre-
quency characteristics including Nyquist characteristics
when the sampling frequencies f; and f, are converted
to each other between the first and the second digital
signals S; and S,, the sampling rate converting appa-
ratus 1 is constituted by an oversampling filter arranged
to have a value which is the least common multiple of
the sampling frequencies f; and f, of the first and the
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second digital signals S; and S,.

The sampling rate converting apparatus 1 is consti-
tuted by a so-called FIR (finite impulse response) type
digital filter to which the first digital signal S, is, as input
digital signal DIN, supplied when the sampling frequen-
cy f; of the first digital signal S, is rate-converted into
the second sampling frequency f, to obtain the second
digital signal S,.

In a case according to this example (not an embod-
iment of the invention) the sampling rate converting ap-
paratus 1 comprises a 12-order FIR type digital filter
which is operated at an oversampling frequency of 3f,
(= 4f,). It is composed of a series circuit having 11 flip-
flops 2A to 2K each of which has a delay time of T. The
delay time T of each of the flip-flops 2A to 2K is deter-
mined to a value expressed by the following equation:

I B
12 X 3, 12 X 4f,

T (M)

The input digital signal DIN and output digital sig-
nals D, to D44 from the corresponding flip-flops 2A to 2K
are respectively supplied to weighting means composed
of 12 multiplying circuits 3A to 3L.

In a case where the sampling frequency is rate-con-
verted from the first sampling frequency fi into the sec-
ond sampling frequency 12, the first, the fourth, the sev-
enth and the tenth multiplying circuits 3A, 3D, 3G and
3J are respectively given predetermined coefficients cy,
C3, Cg and cg, while the other multiplying circuits 3B, 3C,
3E, 3F, 3H, 3I, 3K and 3L are respectively given coeffi-
cients ¢4, Cy, Cy4, Cg, C, Cg, C1g9 and c4¢ the value of each
of which is "0".

Thus, the input digital signal DIN supplied to the
first, the fourth, the seventh and the tenth multiplying
circuits 3A, 3D, 3G and 3J and the output digital signals
Ds, Dg and Dg from the third, the sixth and the ninth flip-
flops 2C, 2F and 2| are respectively multiplied by the
predetermined coefficients cg, ¢3, g and cg. Then, the
results of all of the multiplications are added to one an-
other by using adder circuits 4A to 4K.

As a result, the input digital signal DIN can be over-
sampled at an oversampling frequency of 3f; which is
three times the first sampling frequency f, and as well
as it can be resampled at a frequency which is 1/4 of the
same. Therefore, the second digital signal S, composed
of the second sampling frequency f, can be transmitted
as output digital signal Dgy.

On the other hand, when the first digital signal S, is
obtained by converting the sampling rate of the sam-
pling frequency f, of the second digital signal S, into the
first sampling frequency f,, the second digital signal S,
is supplied as the input digital signal D.

In this case, the first, the fifth and the ninth multiply-
ing circuits 3A, 3E and 3l are respectively given prede-
termined coefficients ¢y, ¢4 and cg, while the other mul-
tiplying circuits 3B, 3C, 3D, 3F, 3G, 3H, 3J, 3K and 3L
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are respectively given coefficients ¢4, Co, Cg, Cg, Cg, C7,
Cg, C10 @nd c¢4¢ the value of each of which is "0".

Thus, the input digital signal DIN supplied to the
first, the fifth and the ninth multiplying circuits 3A, 3E
and 3| and the output digital signals D, and Dg from the
fourth and the eighth flip-flops 2D and 2H are respec-
tively multiplied by the predetermined coefficients ¢g, ¢4
and cg. Then, the results of all of the multiplications are
added to one another by using adder circuits 4A to 4K.

As aresult, the input digital signal D,y can be over-
sampled at an oversampling frequency of 4f, which is
four times the second sampling frequency f, and as well
as it can be resampled at a frequency which is 1/3 of the
same. Therefore, the first digital signal S; composed of
the first sampling frequency f; can be transmitted as out-
put digital signal Doyt

In the structure shown in Fig. 1, in the case where
the oversampling rate is converted in either direction,
the oversampling frequency has a relationship of a least
common multiple of the first and the second sampling
frequencies f; and f,. Therefore, in both cases where
the rate is converted from the first sampling frequency
f,; into the second sampling frequency f, and where the
rate is converted from the second sampling frequency
f5 into the first sampling frequency f;, the sampling rate
converting apparatus is, as shown in Fig. 2, able to have
the same Nyquist characteristics Tyq at the Nyquist fre-
quencies (f;/2 and f/2) which are required in the corre-
sponding cases.

The above-described structure is arranged in such
a manner that the FIR type digital filters 2A to 2K, 3A to
3L and 4A to 4K which correspond to the least common
multiple of the first and the second sampling frequencies
f; and f, are used to perform the rate conversions in ac-
cordance with the oversampling method. Therefore, the
sampling rate converting apparatus 1 capable of con-
verting the rate in two opposing directions between the
first and the second sampling frequencies f; and f, can
be realized.

The sampling rate converting apparatus according
to a second example rate-converts the sampling fre-
quency of a 625/50 component digital video signal
formed in accordance with the D-1 format into a sam-
pling frequency which corresponds to a PAL composite
digital video signal formed in accordance with the D-2
format. Furthermore, it rate-converts the sampling fre-
quency of the PAL composite digital video signal into a
sampling frequency which corresponds to the 625/50
component digital video signal.

In practice, the sampling frequency fD1 of the
625/50 component digital video signal formed in accord-
ance with the D-1 format relative to the sampling fre-
quency fD2 of the PAL composite digital video signal
formed in accordance with the D-2 format is such that a
conventional approach to sample rate conversion might
require a disadvantageous large filter, e.g. 16500 order.

In contrast, the sample rate converting apparatus
according to this embodiment is arranged in such a
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manner that an oversampling filter of a length of, for ex-
ample 4554-order may be used for converting in both
directions.

That is, in a case where the sampling frequency of
the 625/50 component digital video signal is converted
into a sampling frequency which corresponds to the PAL
composite digital video signal, oversampling is per-
formed at a frequency which is 506 times the sampling
frequency fpq1 (= 13.5 [MHz]) before resampling is per-
formed at a frequency which is 1/414 times the same.

In the contrary case where the sampling frequency
of the PAL composite digital video signal is converted
into a frequency which corresponds to the 625/50 com-
ponent digital video signal, oversampling is performed
at a frequency which is 414 times the sampling frequen-
cy fpo (= 17.734475 [MHz]) before resampling is per-
formed at a frequency which is 1/506 times the same.

As a result, the oversampling frequencies become
frequencies of 6381 [MHz] and 7342.04 [MHz]. There-
fore, a result can be obtained in that the Nyquist char-
acteristics realized due to the oversampling frequency
generate a practically sufficiently small difference of
about 7 [%].

Therefore, since the sampling rate converting ap-
paratus according to the second embodiment is ar-
ranged to have the Nyquist frequency set to a frequency
with which no problem takes place practically. As a re-
sult, the rate of the sampling frequency can reliably be
converted in the two opposing directions between the
625/50 component digital video signal and the PAL com-
posite digital video signal while further simplifying its
structure.

Referring to Fig. 3, reference numeral 10 repre-
sents the overall body of a sampling rate converting ap-
paratus for converting the sampling rate in the two op-
posingdirections between the 625/50 component digital
video signal and the PAL composite digital video signal
in accordance with the above-described principle. Ac-
cording to this embodiment it is formed by combining
four oversampling filters 11 (11A, 11B, 11C and 11D)
each of which is formed into an integrated circuit.

In actual fact, each of the oversampling filters 11
(11A to 11D) are, as shown in Fig. 4, be constituted by
the FIR type digital filter the length of which is 5-order
or shorter. Digital signal DGIN supplied through a first
input terminal 11a thereof is, via a delay input selection
circuit 12, supplied to a series circuit comprising the first,
the second, the third and the fourth flip-flops 13A, 13B,
13C and 13D each of which has predetermined delay
time T4.

The delay input selection circuit 12 has flip-flops
12A, 12B and 12C respectively having delay time T4,
delay time 2T, which is two times the former, and delay
time 3T, which is three times the same. Therefore, the
digital signal DGy is delayed by each of predetermined
time periods when it passes through the flip-flops 12A,
12B and 12C. Then, delay outputs are respectively sup-
plied to a first, a second and a third input terminals a, b
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and ¢ of a switch circuit 12D.

In the above-described switch circuit 12D, a selec-
tion from the first to the third input terminals a to ¢ is
made in accordance with selection control signal CNT,
suppliedto afilter control circuit 14. As a result, the input
digital signal DGy is delayed by a delay time in accord-
ance with the control operation performed by the filter
control circuit 14. Delay digital signal DG, obtained as
aresult of this is transmitted to the ensuing first flip-flop
13A and is as well as supplied to the first multiplying
circuit 15A.

Furthermore, delay digital signals DG4, DG, and
DG, 3 respectively transmitted from the first, the second
and the third flip-flop 13A, 13B and 13C are transmitted
to the ensuing second, the third and the fourth flip-flops
13B, 13C and 13D and as well as are supplied to a sec-
ond, a third and a fourth multiplying circuits 15B, 15C
and 15D.

Delay digital signal DG4 transmitted from the fourth
flip-flop 13D is transmitted via a first output terminal Ilb
as output delay digital signal DDg 1 of the overall body
of the oversampling filter 11. Furthermore, it is supplied
to a first input terminal a of a delay quantity selection
circuit 16.

The delay digital signal DG4 transmitted from the
third flip-flop 13C is also supplied to a flip-flop 13E the
delay time of which is 3T4, which is three times the delay
time of the above-described flip-flop 13D, as well as sup-
plied to this flip-flop 13D. Delay digital signal DG, is
supplied to a second input terminal b of the delay quan-
tity selection circuit 16.

The delay quantity selection circuit 16 selects the
first input terminal a or the second input terminal b in
response to second selection-control signal CNT, sup-
plied from the filter circuit 14. As aresult, either the delay
digital signal DG, transmitted from the fourth flip-flop
13D or the delay digital signal DG45, which is delayed
by the delay time 2T, which is two times the delay time
of DG4, is supplied to the fifth multiplying circuit 15E.

The above-described multiplying circuits 15A to
15E are respectively supplied with coefficient data ¢y,
Coq, Cos, Cog @Nd €y, from first to fifth coefficient gener-
ating circuits 17A to 17E each of which is formed into a
ROM (read only memory).

As a result, in the first to the fifth multiplying circuits
15A to 15E, the delay digital signals DG4y, D11, DG,
DG,5 and DG4 (or DG,5) and the corresponding coef-
ficient data coq, Coq, Cos, Coz @nd ¢y are multiplied to-
gether. The results of the multiplications are supplied to
the input terminals a of a first to a fifth addition input
selection circuits 18Ato 18E before they are supplied to
first to fifth adder circuits 19A to 19E via their output ter-
minals.

A second input terminal b of each of the first to the
fifth addition input selection circuits 18A to 18E is
grounded. As a result, when the first input terminals a
of the first to the fifth addition input selection circuits 18A
to 18E are selected in response to third selection control
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signal CNT3 supplied from the filter control circuit 14,
addition digital data DA supplied from outside through
a second input terminal 11¢c and results of multiplications
supplied from the first to the fifth multiplying circuits 15A
to 15E are fully added to one another. The results of this
are, as output digital signal DGy, transmitted through
a second output terminal 11d.

When the second input terminals b of the first to the
fifth addition input selection circuits 18A to 18E are se-
lected in response to the third selection control signal
CNTg, data denoting a value of "0" is supplied to the first
to the fifth adder circuits 19A to 19E from the first to the
fifth addition input selection circuits 18A to 18E. As a
result, the addition digital data DAIN supplied from out-
side is, as it is, transmitted as the output digital signal
DGoyr-

In the oversampling filter 11 according to this mode,
coefficient data c,q to ¢, each of which is composed of
506 coefficients are stored in the storage region of the
ROM of each of the first to the fifth coefficient generating
circuits 17A to 17E. Each of the coefficients are ar-
ranged to be selected and transmitted at the predeter-
mined delay time T,.

In actualfact, in the oversampling filter 11 according
to this mode, ROM mode data DTrqy, for instructing the
read region of the ROMs of the coefficient generating
circuits 17A to 17E in accordance with the operational
mode and address data DT 5pg for instructing the read-
ing timing of the ROM in response to clock signals are
supplied to the filter circuit 14 and address generating
circuits 20A to 20E.

The address generating circuits 20A to 20E gener-
ate read address data ADRg to ADR, which correspond
to ROM mode data DTrg) and address data DTpg SO
as to supply them to the first to the fifth coefficient gen-
erating circuits 17A to 17E.

Thus, coefficient data cyq to ¢4 written in the coef-
ficient generating circuits 17Ato 17E are read in accord-
ance with read address data ADR, to ADR, supplied
from the corresponding address generating circuits 20A
to 20E.

The filter control circuit 14 detects the operation
mode which denotes how to control the overall body of
the oversampling filter 11 in accordance with ROM
mode data DTy, address data DT ,pg and control da-
ta DTyt Which has been set and supplied.

As aresult, in accordance with the above-described
operation mode, the filter control circuit 14 generates
first, second and third selection control signals CNT,
CNT, and CNT4 which respectively control the delay in-
put selection circuit 12, the delay quantity selection cir-
cuit 16 and the first to the fifth addition input selection
circuits 18A to 18E. As a result, the operation mode for
the overall body of the oversampling filter 11 can be con-
trolled.

The bidirectional sampling rate converting appara-
tus constituted by the four oversampling filters 11 each
of which is, as shown in Fig. 4, formed into an integrated
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circuit. Then, the overall structure will be described.

Referring to Figs. 3 and 4, the first and the second
oversampling filters 11A and 11B are longitudinally con-
nected to each other and the third and the fourth over-
sampling filters 11C and 11D are connected in the same
manner. As a result, digital signal Syy;o, which is the
subject of the sampling rate conversion, is, as the input
digital signal DGy, supplied to the first input terminals
11a of the first and the third oversamplingfilters 11A and
11C.

The second input terminals llc of the first and the
third oversampling filters 11Aand 11C are grounded. As
aresult, the value "0" is supplied to each of them as the
addition digital data DA

The output terminals 11b of the first and the third
oversampling filters 11A and 11C are respectively con-
nected to the first input terminals 11a of the second and
the fourth oversampling filters 11B and 11D. Therefore,
output delay digital signal DGgy1a and DGgytc trans-
mitted from the first and the third oversampling filters
11A and 11C are supplied as input digital signal DGy
for the second and the fourth oversampling filters 11B
and 11D.

Furthermore, the output terminals 11d of the first
and the third oversampling filters 11A and 11C are re-
spectively connected to the second input terminals 11b
of the second and the fourth oversampling filters 11B
and 11D. As a result, output digital signals DGg14 and
DGgyte transmitted from the first and the third over-
sampling filters 11A and 11C are supplied as addition
digital data DA for the second and the fourth oversam-
pling filters 11B and 11D.

The longitudinally connected first and the second
oversampling filters 11A and 11B and the third and the
fourth oversampling filters 11C and 11D, as a whole,
constitute the oversampling filter which is composed of
the FIR type digital filter and the length of which is
4554-order.

As a result, output digital signals DGgytg and
DGgoytp transmitted from the second and the fourth
oversamplingfilters 11B and IID are supplied to an adder
circuit 21. As a result, an additional signal thus-obtained
is transmitted as digital signal SOUT10 after the rate has
been converted.

As aresult of the overall structure, the sampling rate
converting apparatus 10 is able to selectively convert
the sampling rate from input data in the D-1 format into
output data in the D-2 format and as well as from input
data in the D-2 format into output data in the D-1 format.

Then, the operation of the sampling rate converting
apparatus to convert the rate from the D-1 format into
the D-2 format and the operation of the same to convert
the rate from the D-2 format into the D-1 format will now
be described. The basic structure of the oversampling
filter for performing the rate conversion operation em-
ploys the portion constituted by longitudinally connect-
ing the upper two oversampling filters 11A and 11B
shown in Fig. 3 when the rate conversion from the D-1
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format to the D-2 format is performed. On the other
hand, the rate conversion from the D-2 format to the D-
1 format is performed, a structure constituted by con-
necting all of the oversampling filters 11Ato 11D is em-
ployed. The above-described structures are switched
over in response to the selection control signals CNTy,
CNT, and CNT3 formed in the above-described filter
control circuit 14.

Referring to Fig. 5, reference numeral 30 repre-
sents, by an equivalent circuit, the overall body of the
sampling rate converting apparatus for use when the
rate of the sampling frequency of the 625/50 component
digital video signal formed in accordance with the D-1
format is, by using the above-described bidirectional
sampling rate converting apparatus 10 (refer to Fig. 3),
converted into a sampling frequency which corresponds
to the PAL composite digital video signal formed in ac-
cordance with the D-2 format.

That is, the first input terminal a of the switch circuit
12D of each delay input selection circuit 12 of the longi-
tudinally-connected first and the second oversampling
filters 11A and 11B is selected in response to the first
selection control signal CNTi transmitted from the filter
control circuit 14.

The first input terminal a of each of the delay quan-
tity selection circuits 16 is selected in response to the
second selection control signal CNT, transmitted from
the filter circuit 14. Furthermore, the first input terminal
a of each of the first to the fifth addition input selection
circuits 18A to 18E is selected in response to the third
selection control signal CNT4 transmitted from the filter
circuit 14.

On the other hand, the second input terminal b of
each of the first to the fifth addition input selection cir-
cuits 18Ato 18E of the longitudinally connected the third
and the fourth oversampling filters 11C and 11D is se-
lected in response to the third selection control signal
CNTj4 transmitted from the filter control circuit 14.

As described above, the sampling rate converting
apparatus 30 is constituted by the FIR type digital filter
which controls the third and the fourth oversampling fil-
ters 11C and 11D in such a manner that they are not
operated, which uses the first and the second oversam-
pling filters IlA and 11B and the length of which is 9 or-
ders (since the final stage multiplication is not performed
as described later, the length is 9 orders although the
circuit is structured by 10 orders).

Therefore, the transmitted 625/50 component digit-
al video signal Syp, is sequentially supplied to 10 flip-
flops 31A to 31J each of which has the predetermined
delay time T4. Output digital signals Daq to Dag from the
flip-flops 31A to 311 are supplied to ensuing flip-flops
31B to 31J.

Simultaneously, output digital signals Dq to Dgg
from the flip-flops 31A to 31J are multiplied by predeter-
mined coefficients Caq to Cgq in multiplying circuits 32A
to 32J before the all of the results of the multiplications
are added in adder circuits 33A to 33J. Thus, the sam-
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pling frequency of the 625/50 component digital video
signal S;yp1 is rate-converted so that digital signal
SouTtpe Which corresponds to the sampling frequency
of the PAL composite digital video signal is obtained.

The coefficient c4g supplied to the final multiplying
circuit 32J is determined to be a value of "0", while the
other coefficients cq to cag supplied to the other multi-
plying circuits 32A to 32| use the coefficient data coq to
Co4 composed of 506 coefficients and stored in the ROM
region of each of the coefficient generating circuits 17A
to 17E (refer to Fig. 4) of the first and the second over-
sampling filters 11Aand 11B at every predetermined de-
lay time t;.

Since the coefficient data ¢, 1o ¢4 composed of
506 coefficients are supplied at every predetermined
delay time T, as described above, the 625/50 compo-
nent digital video signal S\p4 is oversampled at a fre-
quency which is 506 times its frequency. Furthermore,
it can be resampled at a frequency of 1/414 times of it
by supplying a predetermined coefficient which is gen-
erated at the timing of the frequency which is 1/414
times the above-described oversampling frequency.

As described above, the sampling rate converting
apparatus 30 constitutes a 4554-order (9 orders x 506
times) oversampling filter capable of oversampling the
input 625/50 component digital video signal Sypq at a
frequency which is 506 times its frequency and resam-
pling the above-described oversampling frequency at a
frequency which is 1/414 times the oversampling fre-
quency.

According to the structure shown in Fig. 5, the sam-
pling rate converting apparatus 30 can be realized with
which the digital signal Sgps Which correspond to the
sampling frequency of the PAL composite digital video
signal can be obtained by rate-converting the sampling
frequency of the 625/50 component digital video signal
SIND1-

Referring to Fig. 7, reference numeral 40 repre-
sents, by an equivalent circuit, the overall body of the
sampling rate converting apparatus for use when the
rate of the sampling frequency of the PAL composite dig-
ital video signal formed in accordance with the D-2 for-
mat is, by using the above-described bidirectional sam-
pling rate converting apparatus 10 (refer to Fig. 3), con-
verted into a sampling frequency which corresponds to
the 625/50 component digital video signal formed in ac-
cordance with the D-1 format.

In the case of the oversampling filter 40, a first input
terminal a of the switch circuit 12D of the delay input
selection circuit 12 of the first oversampling filter lIA is,
as shown in Figs. 3 and 4, selected in response to the
first selection control signal CNT, transmitted from the
filter control circuit 14. The first or the second input ter-
minal a or b of the delay quantity selection circuit 16 is
switched over at a predetermined timing which corre-
sponds to the second selection control signal CNT..

The third input terminal ¢ of the switch circuit 12D
of the delay input selection circuit 12 of the second over-
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sampling filter 11B is selected in response to the first
selection control signal CNT transmitted from the filter
circuit 14. Furthermore, the first input terminal a of the
delay quantity selection circuit 16 is selected in re-
sponse to the second selection control signal CNT,.

Furthermore, the second input terminal b of the
switch circuit 12D of the delay input selection circuit 12
of the third oversampling filter 11C is selected in re-
sponse to the first selection control signal CNT trans-
mitted from the filter control circuit 14. In addition, the
first input terminal a of the delay quantity selection circuit
16 is selected in response to the second selection con-
trol signal CNT,.

Furthermore, the first input terminal a of the switch
circuit 12D of the delay input selection circuit 12 of the
fourth oversampling filter 11D is selected in response to
the first selection control signal CNT, transmitted from
the filter control circuit 14. In addition, the first input ter-
minal a of the delay quantity selection circuit 16 is se-
lected in response to the second selection control signal
CNTo.

The first input terminals a of the first to the fifth ad-
dition input selection circuits 18A to 18E of the first to
the fourth oversampling filters 11A to 11D are selected
in response to the selection control signal CNTj trans-
mitted from each of the filter control circuits 14.

The sampling rate converting apparatus 40 oper-
ates the third and the fourth oversampling filters 11C and
11D at timing which is delayed by the predetermined de-
lay time T, with respect to the first and the second over-
sampling filters 11A and 11B. Furthermore, it adds the
digital outputs from them so that a 11-order FIR type dig-
ital filter is, as the whole, constituted.

Therefore, the PAL composite digital video signal
S|npz I8, in an equivalent manner, supplied to the longi-
tudinally-connected circuits respectively composed of
10 flip-flops 41A to 41J and 44A to 44J.

Each of the flip-flops 41A to 41J has the predeter-
mined delay time T4 and the output digital signals Dyq
to D4g from the corresponding flip-flops 41A to 41J are
supplied to the ensuing flip-flops 41B to 41J.

Simultaneously, the output signals Dyg to Dyg from
the corresponding flip-flops 41A to 41J are multiplied
with predetermined coefficients c4q to ¢49 in multiplying
circuits 42A to 42J before they are added to one another
in the adder circuits 43A to 43J. The results of the addi-
tions are supplied to the adder circuit 21.

The output digital signal Dy, to be supplied to a fifth
multiplying circuit 42E is selected from an output digital
signal Dy, transmitted from a fifth flip-flop 41E by the
delay quantity selection circuit 16 or the output digital
signal Dy4p of a first flip-flop 41K so as to be supplied.

The output digital signal Dy transmitted from the
fifth flip-flop 41E is delayed from the output digital signal
D43 transmitted from the fourth flip-flop 41D by the pre-
determined delay time T4.

Output digital signal Dy4g from an eleventh flip-flop
41K is delayed from the output digital signal Dyyp trans-

10

15

20

25

30

35

40

45

50

55

mitted from the fifth flip-flop 41E by delay time 2T, which
is two times that of the output digital signal Daga.

On the other hand, the first flip-flop 44 A of the flip-
flops 44Ato 44J has the delay time 2T, which is the two
times those of others flip-flops. Furthermore, each of the
second to the tenth flip-flops 44B to 44J has the prede-
termined time T4. In addition, output digital signals Dgq
to Dgg from the corresponding flip-flops 44A to 44J are
supplied to the ensuing flip-flops 44B to 44J.

Simultaneously, the output digital signals Dgq to Dgg
from the corresponding flip-flops 44A to 44J are multi-
plied with predetermined coefficients cgq to cgq in multi-
plying circuits 45A to 45J before they are added to one
another in adder circuits 46A to 46J. The results of the
additions are supplied to the adder circuit 21.

Thus, the sampling frequency of the PAL composite
digital video signal Syps is rate-converted so that the
digital signal Sq;1p1 having a sampling frequency which
corresponds to the 625/50 component digital video sig-
nal is obtained.

In the case of this mode, the coefficients c4q 10 C4g
to be supplied to the upper multiplying circuits 42A to
42J comprise data coq to co4 for 506 coefficients stored
in the ROM regions of the coefficient generating circuits
17A to 17E (refer to Fig. 4) of the first and the second
oversampling filters 11A and 11B at predetermined de-
lay time T,.

The similar structures of the coefficient generating
circuits 17A to 17E of the first and the second oversam-
plingfilters 11A and 11B are used when the rate conver-
sion from the D-1 format to the D-2 format is performed.

The coefficients respectively allocated to the multi-
plying circuits 42A to 42J are arranged as follows: as
the coefficient c40 to be supplied to the first multiplying
circuit 42A, 414 coefficients from the 0-th to 413-th co-
efficients in the coefficient data c,y for 506 coefficients
are supplied, while the 414-th to the 505-th coefficients
are not supplied but a value of "0" is supplied as an al-
ternative to this.

As the coefficient ¢4 to be supplied to the second
multiplying circuit 42B, 322 coefficients from the 0-th to
321-th coefficients in the coefficient data c,, for 506 co-
efficients are supplied, while the 322-th to the 505-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient ¢y, to be supplied to the third mul-
tiplying circuit 42C, 230 coefficients from the O-th to
229-th coefficients in the coefficient data c,, for 506 co-
efficients are supplied, while the 230-th to the 505-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient c43 to be supplied to the fourth
multiplying circuit 42D, 138 coefficients from the 0-th to
137-th coefficients in the coefficient data c,4 for 506 co-
efficients are supplied, while the 138-th to the 505-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient ¢4 to be supplied to the fifth mul-
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tiplying circuit 42E, 46 coefficients from the O-th to 45-th
coefficients in the coefficient data c,, for 506 coefficients
and 46 coefficients from the 460-th to 505-th coefficients
are supplied, while the 46-th to the 459-th coefficients
are not supplied but a value of "0" is supplied as an al-
ternative to this.

As the coefficient ¢45 to be supplied to the sixth mul-
tiplying circuit 42F, 138 coefficients from the 368-th to
505-th coefficients in the coefficient data c,; for 506 co-
efficients are supplied, while the 0-th to the 367-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient c,g to be supplied to the seventh
multiplying circuit 42G, 230 coefficients from the 276-th
to 505-th coefficients in the coefficient data c,, for 506
coefficients are supplied, while the 0-th to the 275-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient c47 to be supplied to the eigth mul-
tiplying circuit 42H, 322 coefficients from the 184-th to
505-th coefficients in the coefficient data co5 for 506 co-
efficients are supplied, while the 0-th to the 183-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient c4g to be supplied to the ninth mul-
tiplying circuit 421, 414 coefficients from the 92-th to
505-th coefficients in the coefficient data ¢4 for 506 co-
efficients are supplied, while the 0-th to the 91-th coef-
ficients are not supplied but a value of "0" is supplied as
an alternative to this.

All of the coefficients c,qg to be supplied to the tenth
multiplying circuit 42J are determined to be a value of
"o".

As shown in Figs. 6 (D) and (F), as the coefficients
Cgq 10 C5q 10 be supplied to the lower multiplying circuits
45A 1o 454, the coefficient data ¢, 10 ¢,y for 506 coef-
ficients stored in the ROM regions of the coefficient gen-
erating circuits 17Ato 17E of the third to the fourth over-
samplingfilters 11C and 11D at every predetermined de-
lay time T4 are respectively supplied.

The coefficients to be supplied to each of the mul-
tiplying circuits 45A to 45J are as follows:

In actual fact, as the coefficient cso to be supplied
to the first multiplying circuit 45A, 92 coefficients from
the 414-th to 505-th coefficients in the coefficient data
Coq for 506 coefficients are supplied, while the O-th to
the 413-th coefficients are not supplied but a value of
"0" is supplied as an alternative to this.

As the coefficient cg; to be supplied to the second
multiplying circuit 45B, 184 coefficients from the 322-th
to 505-th coefficients in the coefficient data c,4 for 506
coefficients are supplied, while the 0-th to the 321-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient ¢, to be supplied to the third mul-
tiplying circuit 45C, 276 coefficients from the 230-th to
505-th coefficients in the coefficient data ¢4, for 506 co-
efficients are supplied, while the 0-th to the 299-th co-
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efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient cg3 to be supplied to the fourth
multiplying circuit 45D, 368 coefficients from the 138-th
to 505-th coefficients in the coefficient data c,4 for 506
coefficients are supplied, while the 0-th to the 137-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient cg,4 to be supplied to the fifth mul-
tiplying circuit 45E, 414 coefficients from the 46-th to
459-th coefficients in the coefficient data c,, for 506 co-
efficients are supplied, while the 0-th to the 45-th and
the 460-th to the 505-th coefficients are not supplied but
a value of "0" is supplied as an alternative to this.

As the coefficient ¢55 to be supplied to the sixth mul-
tiplying circuit 45F, 368 coefficients from the O-th to
367-th coefficients in the coefficient data ¢, for 506 co-
efficients are supplied, while the 368-th to the 505-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient cgg to be supplied to the seventh
multiplying circuit 45G, 276 coefficients from the 0-th to
the 275-th coefficients in the coefficient data c,, for 506
coefficients are supplied, while the 276-th to the 505-th
coefficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient cg7 to be supplied to the eigth mul-
tiplying circuit 45H, 184 coefficients from the O-th to
183-th coefficients in the coefficient data c,, for 506 co-
efficients are supplied, while the 184-th to the 505-th co-
efficients are not supplied but a value of "0" is supplied
as an alternative to this.

As the coefficient cgg to be supplied to the ninth mul-
tiplying circuit 451, 92 coefficients from the 0-th to 91-th
coefficients in the coefficient data c,4 for 506 coefficients
are supplied, while the 92-th to the 505-th coefficients
are not supplied but a value of "0" is supplied as an al-
ternative to this.

All of the coefficients cgg to be supplied to the tenth
multiplying circuit 42J are determined to a value of "0".

The timing of each of coefficient data and the flip-
flop outputs, which are multiplied by each of the multi-
plying circuits 42A to 42J and 45A to 45J, must be con-
sidered. The reason for this lies in that a deviation takes
place between coefficient data and sampling data trans-
ferred by the flip-flop because the 506 coefficients
stored in each of the coefficient generating circuits are
used to rate-convert the D-1 format into the D-2 format
and to rate-convert both the D-2 format into the D-1 for-
mat. The above-described deviation can be corrected
by the oversampling FIR filter of the invention aligning
the phase of sampling data to coefficient data.

That is, in the case shown in Fig. 7, the lower over-
sampling filter is given the delay time of 2T, in the delay
input selection circuit 12 as the delay time for its leading
flip-flop 44A. The above-described lower oversampling
filter multiplies sampling data delayed by 1 clock by co-
efficient data cgg to c59. The multiplying circuits 42A to
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42D of the upper oversamplingfilter as it is multiply input
sampling data by coefficient data ¢4 to c43. In this case,
the multiplying circuit 42E must perform the multiplica-
tions of the O-th to the 45-th coefficients and perform
multiplications of data obtained by delaying sampling
data used in the above-described multiplications by 2
clocks by the 460-th to 505-th coefficients. Therefore,
the timing of sampling data supplied to the multiplying
circuit 42E is delayed by the delay time T, or 3T, in the
delay quantity selection circuit 16 before it is multiplied
by coefficient cyy4.

Coefficient data c 45 to c4q are deviated by 2 clocks
from sampling data. Therefore, a further delay time of
2T, is given in the delay input selection circuit 12. It cor-
responds to the flip-flop 41F.

As described above, the oversampling filter is ar-
ranged in such a manner that coefficient data for 506
coefficients are combined in units of 414 coefficients to
supply them to the multiplying circuits 42A to 42J and
45A to 45J as coefficient data ¢4 10 ¢49 and cgq to Cgq
every determined time T,. Therefore, as a whole, the
4554-order (11-order x 414 times) oversampling filter is
constituted which is capable of oversampling the sup-
plied PAL composition digital video signal S|yp, at a fre-
quency which is 414 times its frequency and as well as
resampling it at a frequency which is 1/506 times the
oversampling frequency.

According to the structure shown in Fig. 7, the sam-
pling rate converting apparatus 40 can be realized which
is capable of obtaining the digital signal Sq1p Which
corresponds to the sampling frequency of the 625/50
component digital video signal by rate-converting the
sampling frequency of the PAL composite digital video
signal Siyps-

According to the above-described structure, the
oversampling filters formed into the FIR type digital fil-
ters each of which is able to select the coefficient to be
supplied to the multiplying circuit are combined to one
another so as to supply the predetermined coefficient to
each of the oversampling filters in accordance with the
sampling rate conversion direction between the 625/50
component digital video signal and the PAL composite
digital video signal. As a result, a bidirectional sampling
rate converting apparatus can be realized which is ca-
pable of converting the sampling frequency of the
625/50 component digital video signal into the sampling
frequency which corresponds to the PAL composite dig-
ital video signal and as well as capable of converting the
sampling frequency of the PAL composite digital video
signal into the sampling frequency which corresponds
to the 625/50 component digital video signal.

The above-described first example is arranged in
such a manner that the frequency ratio of the sampling
frequencies of the digital signals which are the subject
of the rate conversion is determined to be 3:4 and the
sampling rate is converted in the two opposing direc-
tions by using the oversampling filter the length of which
is 12 orders.
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A similar effect to that obtainable from the above-
described first example can be obtained in a case where
the frequency ratio or the sampling frequencies has a
simple integer proportional relationship by arranging the
structure in such a manner that a sampling filter the
length of which corresponds to the least common mul-
tiple of the frequency ratio is constituted.

According to the above-described second example
the oversamplingfilter the length of which is 4554 orders
is used for approximation from the relationship of the
frequency ratio of the sampling frequency of the 625/50
component digital video signal and the sampling fre-
quency of the PAL composite digital video signal so that
the sampling rate is converted in the two opposing di-
rections.

The technique can be applied widely when the sam-
pling rate is converted between the sampling frequency
of a variety of digital signals and other sampling frequen-
cies in the two opposing directions. In this case, the
length of the oversampling filter may be determined in
accordance with this.

According to the above-described second example,
the sampling rate converting apparatus is constituted by
combining four FIR type digital filters each of which is
formed into an integrated circuit and the length of each
which is five orders.

A variety of structures can be employed to form the
sampling rate converting apparatus. For example, a
structure which is arranged in such a manner that the
overall body is formed into an integrated circuit can be
employed. In this case, a similar effect can be obtained
to that obtainable from the above-described modes.

Claims

1. Asampling rate converting apparatus for converting
a digital signal which is sampled by a first or a sec-
ond sampling frequency into said second or said
first sampling frequency, the frequency ratio of
which holds a simple integral relationship, at said
first or said second sampling frequency, said sam-
pling rate converting apparatus comprising:

oversampling filters composed of FIR type dig-
ital filters the length of which corresponds to the
least common multiple of said frequency ratio
of said first and said second sampling frequen-
cies, wherein

said first or said second sampling frequency of
said digital signal is converted into said second
or said first sampling frequency, said oversam-
pling filters comprising

a first finite impulse response filter (41A-K,
42A-J, 43-A-J); and

a second finite impulse response filter (44A-J,
45A-J, 46A-J) connected in parallel with said
first finite impulse response filter; characterised
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by

delay means (16, 41E, 41K) for varying the de-
lay between filter stages of said first finite im-
pulse response filter.

A sampling rate converting apparatus as claimed in
claim 1, wherein each of said first finite impulse re-
sponse filter and said second finite impulse re-
sponse filter comprises a plurality of filter stages,
each filter stage comprising a flip-flop (13A-E) for
holding and delaying a sample value, a multiplier
(15A-E) for multiplying said sample value by a co-
efficient value (Cyq - Coy) to form a multiplier output,
a switch for selecting as a switch output either said
multiplier output or a zero value in dependence on
a control signal (CNT3), and an adder for forming a
stage output by adding said switch output to a stage
output from any adjacent preceding stage.

Patentanspriiche

1.

Vorrichtung zum Umsetzen einer Abtastrate zum
Umsetzen eines Digitalsignals, das bei einer ersten
oder einer zweiten Abtastfrequenz abgetastet wor-
den ist, in die zweite oder die erste Abtastirequenz,
wobei deren Frequenzverhalinis einer einfachen
ganzzahligen Beziehung genlgt beider ersten oder
der zweiten Abtastfrequenz, wobei die Vorrichtung
zum Umsetzen der Abtastrate aufweist:

Ubertastungsfilter, bestehend aus FIR-Typ-Di-
gitalfilter, dessen Lange dem kleinsten gemein-
samen Vielfachen des Frequenzverhalinisses
der ersten und der zweiten Abtastfrequenz ent-
spricht, wobei

die erste oder die zweite Abtastirequenz des
Digitalsignals in die zweite oder die erste Abt-
astfrequenz umgesetzt wird, wobei die Uberta-
stungsfilter aufweisen

ein erstes finites Impulsantwortfilter (41A-K,
42A-J, 43-A-J); und

ein zweites finites Impulsantwortfilter (44A-J,
45A-J, 46A-J), das parallel zu dem ersten fini-
ten Impulsantwortfilter geschaltet ist, gekenn-
zeichnet durch

Verzégerungsmittel (16, 41E, 41K) zum Veran-
dern der Verzdgerung zwischen Filterstufen
des ersten finiten Impulsantwortfilters.

Vorrichtung zum Umsetzen einer Abtastrate wie in
Anspruch 1 beansprucht, bei der das erste finite Im-
pulsantwortfilter bzw. das zweite finite Impulsant-
wortfilter mehrere Filterstufen aufweist, wobei jede
Filterstufe ein Flipflop (13A-E) zum Halten und Ver-
zégern eines Abtastwertes, einen Multiplizierer
(15A-E) zum Multiplizieren des Abtastwertes mit ei-
nem Koeffizientenwert (Cog - Coy4), um ein Multipli-
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10

ziererausgangssignal zu bilden, einen Schalter
zum Wahlen entweder des Multipliziererausgangs-
signals oder eines Nullwerts als Schalterausgangs-
signal in Abhangigkeit von einem Steuersignal
(CNT3) und einen Addierer aufweist zum Bilden ei-
nes Stufenausgangssignals durch Addition des
Schalterausgangssignals zu einem Stufenaus-
gangssignal von einer benachbarten vorhergehen-
den Stufe.

Revendications

Appareil de conversion de cadence d'échantillon-
nage pour convertir un signal numérique qui est
échantillonné par une premiére ou une seconde fré-
quence d'échantillonnage dans ladite seconde ou
ladite premiére fréquence d'échantillonnage, dont
le rapport de fréquence vérifie une relation intégrale
simple, a ladite premiére ou a ladite seconde fré-
quence d'échantillonnage, ledit appareil de conver-
sion de cadence d'échantillonnage comprenant :

desfiltres de sur-échantillonnage composés de
filtres numériques du type FIR dont la longueur
correspond au plus petit multiple commun dudit
rapport de fréquence de ladite premiére et de
ladite seconde fréquences d'échantillonnage,
ou

ladite premiére ou ladite seconde fréquence
d'échantillonnage dudit signal numérique est
convertie dans ladite seconde ou ladite premié-
re fréquence d'échantillonnage, lesdits filires
de sur-échantillonnage comprenant :

un premier filtre & réponse impulsionnelle finie
41AaK 42AaJ,43AaJ); et

un second filtre & réponse impulsionnelle finie
(44A 4 J, 45A & J, 46A a J) monté en paralléle
avec ledit premier filtre & réponse impulsionnel-
le finie ;

caractérisé par

un moyen a retard (16, 41E, 41K) pour faire
varier le retard entre des étages de filtre dudit pre-
mier filtre & réponse impulsionnelle finie.

Appareil de conversion de cadence d'échantillon-
nage selon la revendication 1, dans lequel chacun
dudit premier filtre & réponse impulsionnelle finie et
dudit second filire a réponse impulsionnelle finie
comprend une pluralité d'étages de filire, chaque
étage de filtre comprenant une bascule (13A a E)
pour maintenir et retarder une valeur d'échantillon,
un multiplieur (15A & E) pour multiplier ladite valeur
d'échantillon par une valeur de coefficient (Coq &
Coy4) pour former une sortie de multiplieur, un com-
mutateur pour sélectionner comme sortie de com-
mutation soit ladite sortie de multiplieur soit une va-
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leur nulle en fonction du signal de commande
(CNTj), et un additionneur pour former une sortie
d'étage en additionnant ladite sortie de commuta-
tion & une sortie d'étage d'un étage précédent voisin
quelconque.
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